noise capability of microphone arrays. Two important steps were taken to reduce this background noise. First, the microphones were recessed to separate the microphones from the unsteady flow. Second, a porous surface material was placed above the microphones to act as an aerodynamic surface while allowing acoustic signals to pass through to the microphones. Previous attempts at this approach used perforated plates as the surface material, which tended to fatigue in the unsteady flow. The increased acoustic impedance of thicker materials caused reverberation between the surface and the microphone mounting plate. This latest attempt used a stretched sheet of Kevlar ® as the surface. The extreme strength and durability of the Kevlar ® withstood flow-induced fatigue while providing very low acoustic impedance with little attenuation of sound for most frequencies. Data is presented for two wind tunnel tests that demonstrate the capabilities of the recessed Kevlar ® array. Signal-to-noise ratio at microphone U C Convection (free-stream) velocity (m/s) x Distance along wall (mm) y Distance from wall (mm) α Spatial angular frequency (radians/sec) ∆f Narrow band frequency resolution (Hz) δ 95% 95% confidence in peak level (dB) ε Sinusoidal displacement amplitude (mm)
INTRODUCTION
The advent of modern computer processing and electronics has made phased array processing practical for numerous applications including full-scale fly-over measurements 1 and wind tunnel studies of aerospace noise sources. Phased arrays have all but replaced earlier methods for locating noise sources such as dual sideline correlation 2 , acoustic mirrors 3, 4 and sound intensity 5 . Whether processing is done in the time domain 6, 7 or the frequency domain 8, 9 , the combined contributions of multiple microphones enable researchers to distinguish and quantify noise sources in a manner not possible with individual microphones. Further, the phased microphone array's ability to discriminate against background noise makes it particularly useful for airframe noise studies, as the noise sources are usually quieter than the prevalent wind tunnel background noise.
Self-Noise Reduction Techniques
Microphone array measurements have been used to quantify jet and airframe noise sources in closed [10] [11] [12] and open 13, 14 wind tunnel test sections with much success. Although in-flow wind tunnel array measurements are not burdened by the need to apply shear layer corrections to American Institute of Aeronautics and Astronautics 2 multiple source paths, the background noise level at the microphones is high because of the turbulent boundary layer flowing over the exposed microphone diaphragms. The influence of this noise can be reduced by increasing the number of microphones, but cost and size constraints limit the practical number. Increasing the acquisition time can also reduce the influence of random, uncorrelated background noise 15, 16 , but limited computer resources and the expense of wind tunnel testing puts a bound on available run time.
Another method, often used during single microphone acquisitions, is to subtract out the tunnel-empty background noise 13 . While straightforward in theory, the task of evaluating the tunnel empty-noise in a consistent manner often requires multiple test runs to achieve an accurate statistical set 17 . Processing techniques, such as replacing the covariance matrix diagonal with zeroes or an averaged spectra, may also reduce the influence of flow noise, but this method is limited somewhat by the necessity for completely incoherent self noise at each microphone 13, 16 .
Previous Attempts at Separating Array Microphones and Flow
Previous studies have validated the approach of covering and recessing flush-mounted microphones to alleviate flow noise 12, 16, [18] [19] [20] . If the actual background noise can be reduced, less data and fewer time averages are required to resolve potential sources. Compared to the expense of doubling the number of microphones or the acquisition time to achieve a 3 dB increase in dynamic range, even a modest surface treatment would be well worth the investment. Figure 1 show a reduction of up to 20 dB for some of the forward, screened microphones as compare to bare microphones. The background noise reduction was not as prominent for the rear microphones. Also shown, for comparison, is the empty wind tunnel background noise as measured by a single in-flow microphone with an aerodynamic forebody.
At the same time, a research program conducted in the NASA Ames 7-by 10-Foot Wind Tunnel (7x10) established a direct correlation between the separation distance and the level of background noise. The microphones were recessed from the wind tunnel's turbulent boundary layer by a porous surface. Although several surface treatments were used, including fine mesh screens and porous plates, acoustic reverberation between the screen and the array surface limited its usefulness as a method for reducing flow-induced background noise. Another problem that appeared was "oil-canning" whereby the stiff metal plate would shake and eventually fatigue under the influence of the turbulent boundary layer. Subsequent tests in 1995, using a 40-element array 11 , sought to eliminate the reverberation and prevent "oil canning" by shouldering the spiral array arms with foam inserts as shown in Figure  2 . This treatment, however, had a significant effect on the array's directionality at shallow grazing angles.
These previous studies suggested that the ideal array surface treatment requires a thin, light, porous surface with low acoustic impedance that is also strong enough to act as an aerodynamic surface to separate unsteady flow from the bare microphone diaphragms. In response to this, a design study and test program was initiated to develop a suitable surface treatment. received at a given array microphone, F m , is taken as the sum of the actual radiated signal received at the microphone, S m , and the statistically-independent noise measured at the microphone, N m :
where the signal, S is assumed to be that derived, via planar processing, from a single, isolated source such that all |S i | = |S M | = |S|. The noise, N m , measured at each microphone, is assumed to have equal standard deviation, σ(|N|).
The peak array response will occur when the scan location is coincident with the source and the calibrated phase of the steering vector, e´ and the source are matched. This relationship is expressed as the dot product, e´•F, where F is the vector of sampled microphone signals. From reference 16,
That is, the standard deviation of the received signal is directly related to the standard deviation of the noise and inversely related to the square root of the number of microphones, M and data averages, B used in the processing.
The 95% confidence level in the measured array peak dB level, corresponding to 1.96σ, can be expressed as: 
Equation (4) can be used to determine the necessary SNR of a microphone array measurement to achieve a 95% confidence level in the peak array level.
Influence of Microphone Recessing
The turbulent flow over the array surface imparts an evanescent pressure wave that decays exponentially over the space between the flow surface and the microphone. One way to analyze the influence of these propagating disturbances is to simulate them as the pressure field in a subsonic, uniform flow over a wavy wall 21 . The pressure fluctuations would then be expressed as:
Where x is the displacement along the wall and y is the displacement away from the wall. The wavy wall displacement is described by:
Where ε is the wall displacement amplitude. By estimating the convective disturbance wavelength to be d = U c /f, where U c is the convection speed, the spatial angular frequency becomes:
Substituting Equations (6) and (7) into Equation (5) as in reference 16, gives,
For M ∞ << 1 the unsteady, boundary layer pressure disturbance, ′ p BL becomes: (9) and decays as: 
Equation (10) was applied to the recessed array design in this paper. For a recess of y = 12.7 mm (0.5 in), flow velocity of U c = 74.7 m/s (245 ft/s) and frequency of f = 3400 Hz, the decay would be 31.2 dB. This theoretical decay is graphed in Figure 3 for three possible recess distances. The signals will decay faster with frequency as the microphones are separated from the turbulent boundary layer. This is for an ideal situation, as the boundary layer thickness will cause the actual decay to be less. Further, the decay should appear to increase with frequency, but this effect is overtaken at higher frequencies by the scrubbing noise radiated from the interaction of the turbulence with the screen. A smooth screen surface is also important in the design of recessed arrays.
ARRAY DESIGN AND HARDWARE "Drumhead" Surface Support Design
It was anticipated that a surface with adequate rigidity could be obtained by stretching a pliable, low mass, low impedance material above the recessed microphones. No solid structural support (i.e.: ribs, foam, gratings or pylons) would be necessary to support the material thereby minimizing path interference at shallow look angles. A circular fiberglass ring, similar to a drumhead rim, was designed and fabricated to hold the material in place over the array surface. A 106.7 cm (42.0 in) diameter fiberglass annulus held the material taut by tensioning it over the fiberglass rim. The design allowed for a 12.7 mm (0.5 in) recess over the bare microphones as shown in The design was constrained by the inside dimensions of an existing aerodynamic array box that will utilize the recessed array for a planned airframe noise test in the NASA Ames 40-by 80-Foot Wind Tunnel. The 12.7 mm (0.5 in) recess was the maximum allowed by the existing dimensions, although a greater recess would be expected to provide even better isolation from turbulent boundary layer noise. A piece of fiberboard was cut to fit outside the circular rim to provide a smooth aerodynamic transition from the wind tunnel wall to the porous surface. 
Array Pattern Design
Design constraints for the above-mentioned test limited the recessed array to 70 6.3 mm (0.25 in) microphones within a 101.2-cm (40.0 in) diameter. The microphones were arranged in five radial lobes as shown in Figure 5 . This arrangement allowed the array to fit within the circular drumhead rim and facilitated the interpretation of source shapes during data reduction. The design frequency range was 200 to 25000 Hz. The holes for the microphone array were drilled into a 6.3 mm (0.25 in) thick sheet of 6026 aluminum. All microphones were mounted flush with the plate surface to within 0.13 mm (0.005 in) using custombuilt microphone fittings.
The microphone positions were optimized for narrow beam size and minimal sidelobe interference 22 using a MATLAB-based simulated annealing code. 23 The annealing technique is a Monte Carlo 24 method that distributes the microphones about the array surface according to a user-defined function. In the actual annealing of a steel alloy, atoms move about in the original hot solution from initial, local energy states. The movement of these atoms slows as the steel is carefully cooled. The intent is to allow the atoms to distribute in such a manner as to eliminate weak spots and defects. The intent of simulated array annealing is to randomly move the microphones in response to a simulated energy function. As the "temperature" decreases logarithmically, the allowable movement of the microphones is slowly constrained. At each iterative step, the array pattern is tested for narrow beamwidth and low sidelobes. The process stops when the desirable characteristics are achieved. Although identical constraints can be applied, each simulation will produce a unique array pattern that will satisfy the desired characteristics. Figure 5 . The 5-lobed, 70-element array pattern was generated using simulated annealing.
Hardware and Data Acquisition
All 70 microphones were G. Rasmussan's TMS model 140BF, quarter-inch free-field microphones. The microphones were connected to 35 TMS model 112AA, 2-channel, DC-powered, adjustable-gain power modules. The signals were acquired by Hewlett-Packard model E1433A high-speed A/D cards on a HP VXI chassis, controlled by an HP 745i computer via a MXI/EISA interface. Although the 16-bit cards are capable of 96 dB in dynamic range, overhead requirements constrained this range to about 84 dB. The 70 microphone signals were sampled at 76800 samples per second, in five separate blocks of 0.53 seconds each, for a total of 2.66 seconds per acquisition. With 70 microphones, each data record represented over 14 million samples. The acquired time domain data was stored in binary format on an Andataco 25-Gbyte GigaRAID storage unit. The binary data was then converted into NetCDF 25 format for permanent storage and retrieval.
Processing of the time data was performed using MAPPS, an array processing software package developed at NASA Ames. 26 The data were parallel-processed on a dual-processor SGI Octane computer. Classical, frequencydomain, phased array beamforming 27 was used for all the cases discussed in this paper. In addition, the diagonal elements were replaced with an average of the off-diagonal elements of the cross-spectral matrix. A correction was also applied to the data to account for convection. The frequency resolution for most of data in this paper was 150 Hz. The best results were obtained with FFT processing of 512 blocks for 400 averages over the 2.66-second data sample.
Spatial integration methods were used to assess the overall level of sources in the image plane of the array. An automatic integration boxing routine locates and boxes significant sources within the scan region. The integration regions were drawn about the sources at the 8 dB down point, typically.
WIND TUNNEL TESTS

CMT Test
The CMT test was a study of a Continuous Moldline Technology (CMT) 28, 29 wing, shown in Figure 6 . CMT, in practice, would likely be a flexible membrane spanning the flap/airfoil edge interface. In this test, a solid piece was used for each fixed flap angle of +35° and -40°. The test investigated the airframe noise reduction possibilities of the CMT concept, as compared to that of a simple, hinged flap, installed on the 1.52-meter (60.0 inches) span airfoil. It was suggested that the elimination of the flap edge had the potential to significantly lower the measured airframe noise level to below the noise floor of a typical microphone array. The inability to precisely measure the sound levels of the CMT concept was a concern for the program. Although a 100-element flush surface array was proposed as the principal acoustic measurement system, the 70-element, treated, recessed array was installed during the test in an attempt to lower the array background noise.
Array Concepts Test
Immediately following the CMT study, the Array Concepts test was conducted to investigate coherence and directionality issues associated with phased arrays 30 . The 70-element recessed array was used exclusively for this test. The array's ability to measure extended noise sources was assessed using the In-Flow Multi-element Acoustic Source (IMAS), shown in Figure 7 . The IMAS is a 2.1 meter (84.0 inch) long, aerodynamically-faired, speaker box fitted with five low frequency woofers and five high frequency horns to provide a set of coherent or incoherent noise sources. 
Application of Kevlar
Three surface materials were eventually tested with the array. A sheet of Technetics FM-125 fiberglass cloth was chosen as the first test material because of its low acoustic impedance and low weight. Unfortunately, the fiberglass cloth disintegrated almost immediately in the flow because of its poor resistance to shear forces. Better results were obtained using a sheet of 100 MKS Rayl stainless steel screen, however the stiff material also fatigued under the unsteady loads at the down-stream edge of the array.
Fortunately for the test program, excellent results were obtained using Kevlar ® cloth as the surface material. Kevlar A comparison of the flush and RTK 70-element array is shown in Figure 10 for a 20.3 cm (8.0 in) wide exponential horn with white noise. The horn was at an oblique angle of -35° to the array centerline. The graph shows the maximum array level for the chosen scan plane. The recessed Kevlar array shows some attenuation, for this case, up to 2.0 dB above 6000 Hz.
Wind Tunnel Test Results
Results from the two wind tunnel investigations revealed a significant reduction in flow-induced background noise attributable to the surface treatment. As suggested by Equation (10), the flow noise should decrease with frequency. For the empty wind tunnel case at Mach 0.22, a comparison of average array microphone sound pressure level is shown in Figure 11 for the flushmounted and recessed 70-element array microphones. The flow noise at the lower frequencies has been reduced by almost 20 dB. The background noise at high frequency is probably caused by the interaction of the flow and surface sheet. The predicted recessed background noise, based on the wavy wall decay presented in Figure 3 , is plotted alongside the two curves. It shows good agreement at low frequencies, as expected. One important aspect of array flow-noise reduction is the dramatic effect on the dynamic range afforded to each microphone. An extra 15 dB in dynamic range is useful when each channel measures, at most, 84 dB. This improvement in dynamic range can be seen by looking at three curves, shown in Figure 12 , provided by the processing software for evaluating the array capability: 1) The average microphone sound pressure level, approximately equivalent to what one microphone would measure, 2) the maximum array level at a given frequency for the chosen scan plane, indicating the loudest source seen by the array and 3) the average array level at a given frequency within the chosen scan plane. These curves are generated for each array acquisition. The difference between the maximum array level and the average array level can be interpreted as the ability of the array to locate sources. If the average and maximum levels are the same, it suggests that no significant sources can be visualized within the chosen scan plane. The difference between the average microphone sound pressure level and the maximum and average array levels illustrate the benefit of array processing. During these wind tunnel tests, the average microphone sound pressure level was completely dominated by flow noise, yet the array could still resolve sources well below the background noise level. Figure 12 shows the three curves for a simple flap at 35° and Mach 0.22 for the 100-element flush-mounted array and the 70-element RCFK array. Also plotted is the integrated level for a broadband source detected at the flap edge. The source can be resolved for most of the recessed array case, but was unresolved for most of the flush array case, with the exception of the highest frequencies. The RCFK array attenuates the source by up to 6 dB at the higher frequencies as presented previously in Figure 8 .
Ideally, the surface treatment should have no effect on the maximum or average array levels. Its only influence will be on the noise level seen at each microphone. By applying Equation (4), the SNR for each microphone can be evaluated for the cases shown. For a 95% confidence of achieving 0.5 dB accuracy in peak level, with 70 microphones and 400 averages, the SNR is -13.6 dB. This means the source signal can be as much as 13.6 dB below the background level and will still be detectable within a 95% confidence level. For 100 microphones, the SNR would be -15.2 dB. The corresponding SNR value is shown for each case in Figure 12 . Because of this reduction in flow noise, the signal-to-noise ratio of the array-resolved sources relative to the average array level was increased. This capability allowed for identification of sources that could not be imaged with the flush-mounted arrays without greatly increasing acquisition time.
The improved detection of sources is evident in the comparison of simple flap images in Figure 13 . The flap is deflected towards the array at +35°. The images are each displayed with a 6 dB range. Figure 13a is an array image from the flush-mounted 100-element array. The image shows a field of random noise at 3150 Hz. In contrast, the 70-element RCFK array in Figure 13b clearly shows the source on the flap edge. The source would otherwise be buried in background noise. Figure 14 shows a similar comparison for a +35° flap case at 6600 Hz. At even higher frequencies, the recessed array and the flush array have about the same capability for detecting sources, since the recessed array does not reduce the high frequency background noise level. Figure 15 shows the same trend in a comparison of images of the background levels for the IMAS, with speakers turned off, at Mach 0.22. Results at 5500 Hz are shown for the flush mounted 70-element array, the RCFK array and the RTK array. The IMAS was located 1.7 m (67.0 in) from the array. In the cases shown, the array centerline is lined up approximately with the left-most speaker pair. All three images are shown with a 3 dB range, but the average microphone level of the flush mounted array was as much as 15 dB above the average level of the recessed arrays. The flush-mounted array completely overlooks the noise source created at the support junction. Both the RCFK and RTK arrays detect this airframe noise source. At higher frequencies, the recessed array also detected flow disturbances created by bolt heads and other imperfections that were not discernable with the flush array. 
CONCLUSION
Careful reduction of flow-induced background noise can greatly increase the utility of microphone arrays for evaluating sources in closed wind tunnels. Although various acquisition and processing techniques exist, there is no good substitute for the reduction of turbulencegenerated noise at the microphone diaphragms. The mechanical solution, presented in this paper, provides an acoustically transparent membrane that separates the bare microphones from the turbulent wind tunnel flow. Specifically, Kevlar ® cloth was discovered to be an ideal surface material because of its high shear resistance and low acoustic impedance.
Compared to flush-mounted microphones, the reduction of background noise at frequencies below 3500 Hz was the most dramatic and served to improve the overall dynamic range of the phased microphone array system. This finding implies that the turbulent flow mostly manifests itself as a low frequency background noise, as expected. The surface treatment provides background noise reductions of up to 20 dB. At higher frequencies, the effect is a slight increase in background level, probably as the result of flow interaction with the cloth surface. This paper has demonstrated that investment in even modest flow-induced noise reduction is well warranted when compared with the expense of increasing the number of microphones or increasing wind tunnel test time.
